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METHOD, APPARATUS, AND SYSTEM FOR SYNTHESIZING AN AUDIO 
PERFORMANCE USING CONVOLUTION AT MULTIPLE SAMPLE RATES 

(COMPLETE STUDIO) 

BACKGROUND OF THE INVENTION 



1. Field of the Invention 

[0001] The present invention relates generally to acoustic processing and, more particularly, to a 
method, apparatus, and system for use in synthesizing an audio performance to acoustically vary 
one or more audible characteristics thereof using convolution at multiple sample rates. 



2. Description of the Prior Art 

[0002] Digital music synthesizers are known in the art An example of a digital music 
synthesizer is U.S. Patent No. 5,502,747, which discloses based on multiple component filters 
and a hybrid time domain plus frequency domain processing. Unfortunately, the methodology 



utilized in the 5,502,747 patent is not efficient; and thus primarily only useful in academic and 
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scientific applications where computation time is not critical. Thus, there is a need for an 
efficient synthesizer that is more efficient than those in the prior art. 

SUMMARY OF THE INVENTION 
[0003] The present invention relates to a method, apparatus, and system for use in synthesizing 
an audio output which provides convolution - like audio processing at a greatly reduced 
processor load. The system is able to separate musical sources (instruments and other sound 
sources) form musical context; interactively recombine musical source and musical context with 
relatively accurate acoustical integrity, including surround sound contexts, microphone models, 
instrument resonance and digital audio effects overload on a musical source audio. 

BRIEF DESCRIPTION OF THE DRAWING 
[0004] FIGS. 1A and IB are exemplary control panels for use with the present invention; 

[0005] FIG. 2 is a high level block diagram of one embodiment of the present invention; 

[0006] FIGS. 3A and 3B are block diagrams of an exemplary embodiment of a run-time input 
channel processing routine in accordance with the present invention; 

[0007] FIG. 4 is a more detailed block diagram of the embodiment illustrated in FIG. 2; 

[0008] FIG. 5 is a block diagram illustrating a process channel routine in accordance with the 
present invention; 
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[0009] FIG. 6 is a time domain representation of an exemplary audio input; 

[0010] FIG. 7 is a block diagram of an audio collection and index sequencing system in 
accordance with the present invention; 

[0011] FIG. 8 is a block diagram of a channel sequencing routine in accordance with the present 
invention; and 

[0012] FIGS. 9 - 12 are more detailed block diagrams of the system. 

DETAILED DESCRIPTION 
[0013] FIGS. 1A and IB illustrate graphical representations of exemplary embodiments of a 
control panel 100 which may be used in connection with the present invention. In the 
embodiment illustrated in FIG. 1 A, the control panel 100 includes a drop-down menu 102 which 
may be used to select a predetermined musical context (e.g., dark, hardwood floors, medium...), 
a drop-down menu 104 which may be used to select a "raw impulse", a drop-down menu 106 
which may be used to select a particular musical instrument (e.g., 1 st violins, Legato down 
bows), a drop-down menu 108 which may be used to select an original microphone (e.g., 
NT1000), and a drop-down menu 1 10 which may be used to select a particular replacement 
microphone (e.g., AKG414). A display area 1 12 is provided for displaying a brief textual 
description of a microphone placement selection, as described in more detail below. 

[0014] A button 1 14 is provided for selectively enabling and disabling a "cascade" feature 
associated with application of the raw impulse selected via the drop-down menu 104 to an audio 
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track. A button 1 16 is provided for selectively enabling and disabling an "encode" feature which 
permits the application of a user-selected acoustic model to the instrument selected via the drop- 
down menu 106. A display area 118 optionally may show a graphical or photographic 
representation of the musical context selected by the drop-down menu 102. 

[0015] A button 120 is provided for selectively activating and deactivating a mid/side (M/S) 
microphone pair arrangement for left-side and right-side microphones. Additional buttons 121, 
122, 123, and 124 are provided for specifying groups of microphones, including, for example, all 
microphones (button 121), front ("F') microphones (button 122), wide ("W") microphones 
(button 123), and rear or surround ("S") microphones (button 124). 

[0016] The user also may enter microphone polar patterns and roll-off characteristics for each of 
the microphones employed in any given simulation. For that purpose, buttons 124, 125, 126, 
127, 128, and 129 are provided for selecting a microphone roll-off characteristic or response. 
For example, buttons 125 and 126 select two different low-frequency bumps; button 127 selects 
a flat response, and buttons 128 and 129 select two different low-frequency roll-off responses, 
respectively. Similarly, buttons 130-134 allow a user to select one of several different well- 
recognized microphone polar patterns, such as an omni-directional pattern (button 130), a wide- 
angle cardioid pattern (button 131), a cardioid pattern (button 132), a hyper cardioid pattern 
(button 133), or a so-called "figure-8" pattern (button 134). 

[0017] The control panel 100 also includes a placement control section 135, which, in the 
illustrated embodiment, contains a plurality of placement selector/indicator buttons (designated 
by numbers 1 through 18). These placement selector/indicator buttons allow a user to specify a 
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position of musical instruments within the user-selected musical context (e.g., the position of the 
instrument selected by the drop-down menu 106 relative to the user-specified microphone(s)). 
The graphical display area 118 may display a depiction of the perspective of the room or musical 
context selected by the drop-down menu 102 corresponding to the placement within that room or 
musical context specified by the particular placement selector/indicator button actuated by the 
user. Of course, as will be readily apparent to those of ordinary skill in the art, many different 
alternative means may be employed to permit a user to select instrument placements within a 
particular musical context in addition to or instead of the placement selector/indicator buttons 
shown in FIG. 1. For example, a graphical depiction of the room or musical context could be 
displayed, and a mouse, trackball, or other conventional pointer control device could be used to 
move a location designator to a predetermined placement within the graphical depiction of the 
room or musical context corresponding to whatever placement within that room or musical 
context may be desired by the user. 

[0018] As also shown in FIG. 1, the control panel 100 also includes a "mic-to-output" control 
section 136, which includes an array of buttons allowing a user to assign each microphone used 
in a given simulation to a corresponding mixer output channel. As shown, the control panel 100 
provides for seven mixer output channels represented by the columns of buttons numbered one 
through seven in the mic-to-output control section 136. Seven mixer output channels allow for 
seven microphones to be used in a given simulation (e.g., left and right front, left and right wide, 
left and right surround, and a center channel). Of course, those of ordinary skill in the art will 
readily appreciate that more or fewer mixer output channels may be provided in any given 
embodiment of the present invention based upon the needs of a particular simulator. For 
example, in a stereo simulator, only two mixer output channels need be provided. In order to 
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assign a particular microphone to a particular mixer output channel, the user need only depress 
the button in the row of buttons corresponding to the particular microphone and the column of 
buttons corresponding to the particular mixer output channel. The controls in each row of the 
mic-to-output control section 136 operate in a mutually exclusive fashion, such that a particular 
microphone can be associated only with one mixer output channel at a time. 

[0019] The mic-to-output control section 136 also includes a button 140 for selectively enabling 
and disabling a "simulated stereo" mode in which a single microphone simulation or output is 
processed to develop two (Le.> stereo) mixer output channels. This may be used, for example, to 
enable a simulated stereo output to be produced by a slow computer which does not have 
sufficient processing power to handle full stereo real-time processing. A button 142 is provided 
for selectively enabling a "true stereo" mode, which simply couples left and right stereo 
microphone simulations or outputs to two mixer output channels. Further, a button 144 is 
provided for selectively enabling and disabling a "seven-channel" mode in which each of seven 
microphone simulations or outputs is coupled to a respective mixer output channel to provide for 
full seven-channel surround sound output. 

[0020] A button 146 is provided for selectively enabling and disabling a "tail extend" feature 
which causes the illustrated synthesizer to derive the first N seconds of the synthesized response 
by performing a full convolution and then to derive an approximation of the tail or terminal 
portion of the synthesized response using a recursive algorithm (described in more detail below) 
which is lossy but computationally efficient. Where exact acoustically simulation is not 
required, enabling the tail extend feature provides a trade-off between exact acoustical 
simulation and computational overhead. Associated with the tail extend feature are three 
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parameters, Overlap, Level, and Cutoff, and a respective slider control 148, 150, and 152 is 
provided for adjustment of each of these parameters. 

[0021] More particularly, the slider control 148 permits adjustment of an amount of overlap 
between the recursively generated tail portion of the synthesized response or output signal and a 
time-wise prior portion of the output signal which is calculated by convolution at a particular 
sample rate. The slider control 150 permits adjustment of the level of the recursively generated 
portion of the output signal so that it more closely matches the level of the time-wise prior 
convolved portion of the output signal. The slider control 152 permits adjustment of the 
frequency-domain cutoff between the recursively generated portion of the output signal and the 
time-wise prior convolved portion thereof to thereby smooth the overall spectral damping of the 
synthesized response or output signal such that the frequency-domain bandwidth of the 
recursively generated portion of the output signal more closely matches the frequency domain 
bandwidth of the convolved portion thereof at the transition point between those two portions. 

[0022] A plurality of further slider controls may be provided to allow a user to adjust the level 
corresponding to each microphone used in a particular simulation. In the illustrated 
embodiment, slider controls 154-160 are provided for adjusting recording levels of each of seven 
recording channels, each corresponding to one of the available microphones in the illustrated 
simulation or synthesizer system. In addition, a master slider control 161 is provided to allow a 
user to simultaneously adjust the levels set by each of the slider controls 154-160. As shown, a 
digital read-out is provided in tandem with each slider control 154-161 to indicate numerically to 
the user the level set at any given time by the corresponding slider control 154-161. In the 
illustrated embodiment, the levels are represented by 1 1-bit numbers ranging from 0 to 2047. 
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However, it should be evident to those of ordinary skill in the art that any other suitable range of 
levels in any suitable units could be used instead. 

[0023] The control panel 100 also includes a level button 164, a perspective button 166, and a 
pre-delay button 168. The level button 164 allows a user to selectively activate and deactivate 
the level controls 154-161. The perspective button 166 allows the user to selectively activate and 
deactivate a perspective feature which allows the slider controls 154-161 to be used to adjust a 
parameter which simulates, for any given simulation, varying the physical dimensions of the 
musical context or room selected by the drop-down menu 102. The pre-delay button 168 allows 
the user to employ the slider controls 154-161 to adjust a parameter which simulates echo 
response speed (by adjusting the simulated lag between the initial echo in a recorded signal and a 
predetermined amount of echo density buildup). 

[0024] Many modifications can be made in the graphical user interface shown and described 
herein to permit a user to adjust the various parameters of a simulation system in accordance 
with the principles of the present invention, and the graphical user interface shown and described 
herein is intended as exemplary only. 

[0025] FIG. 2 depicts a high-level block diagram of one exemplary embodiment of a simulation 
system 48 in accordance with the principles of the present invention. The simulation system 48 
includes a runtime input channel processing routine 50, a runtime sequencing, control, and data 
manager 52, a process-channel module 53 containing a multi-rate adaptive filter 54, a collection 
and alignment routine 56, and a tail extension processor 58. As shown, input digital music 
samples are provided to the runtime input channel processing routine 50, which processes those 



8 



samples and provides the processed samples to the runtime sequencing, control and data manager 
52. In addition, impulse response data representing, for example, the frequency-domain impulse 
responses corresponding to the characteristics of user-selected microphones, musical context 
musical instruments, and relative positioning of the user selected microphones and/or musical 
instruments within the user selected musical context are stored in a coefficient storage 60. A 
loadtime coefficient processing routine 62 and a runtime coefficient processing routine 64 
successively process coefficients from the coefficient storage 60 based on the user input 66 
provided via, for example, a control panel or graphical user interface such as that depicted in 
FIG. 1. The runtime sequencing, control, and data manager 52 provides processed musical input 
samples and processed impulse response coefficients to the above-described process channel 
module 53 which produces audio output samples 68 based on the processed audio input samples 
and processed impulse response coefficients in accordance with the principles of the present 
invention. 

[0026] FIG. 3 illustrates a block diagram of one exemplary embodiment of the runtime input 
channel processing routine 50 shown in FIG. 2. As shown in FIG. 3, the runtime input channel 
processing routine 50 receives digital sample data from a digital sample buffer 70 and produces 
frequency domain output data, at least some of which is passed to a frequency domain buffer 94. 
Some of the frequency domain output data is also passed to a frequency domain buffer 96. In 
accordance with the principles of the present invention, this data may be provided at a sample 
rate that is lower than the sample rate of the frequency domain data passed to the frequency 
domain buffer 94 as explained in more detail below. 
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[0027] Digital samples from the digital sample buffer 70 are copied on a frame-by-frame basis 

■ 

by frame copy routines 72 and 74 to respective frame buffers 76 and 78. More particularly, 
samples from a time-domain initial portion (B) of an audio input sample are copied by the frame 
copy routine 72 into a frame buffer 76, and digital samples from a time-domain subsequent 
portion (A) of the audio input sample are copied by the frame copy routine 74 to the frame buffer 
78. A downsampling tail maintenance routine 80 is coupled between the digital sample buffer 70 
and the frame buffer 78. A fast fourier transform (FFT) module 82, including FFF routines 84, 
86, and 88, is provided for converting frames of data, which are represented in the time domain 
in frame buffers 76 and 78 into corresponding frequency-domain data. More particularly, the 
FFT routine 84 produces a fast fourier transform of a frame from the frame buffer 76 and 
provides the transformed data to a frequency domain buffer 94. Frame data from the frame 
buffer 78 is filtered by a low-pass filter (a 2:1 filter in the illustrated embodiment) and is then 
passed through a decimation frame buffer 92 to the FFT routine 86 which performs an FFT on 
the decimated, filtered frame data and stores the resulting frequency domain frame data in a 
frequency domain buffer 96. 

[0028] In the event a user wishes not to employ downsampled convolution (i.e., preferring 
instead to achieve the acoustic accuracy of fiill-sample-rate convolution by expending greater 
processing power), the FFT module 88 may transform the frame data from the frame buffer 78 at 
its original sample rate and thus provide full-sample-rate frequency domain data to the frequency 
domain buffer 96. Operation of the frame copy routines 72 and 74, the downsampling tail 
maintenance routine 80, the FFT module 82, and the low-pass filter 90 is handled by a frame 
control process 98. Further detail regarding the operation of the run-time input channel 
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processing routine 50 and the components thereof as described herein is presented in the source 
code included in the Appendix hereto. 

FIG 4 depicts a block diagram illustrating in greater detail the simulation system shown in FIG 
2, including an expanded illustration of the flow of data that occurs in operation of that system. 
As show, a run time memory 100 includes a plurality of frame buffers 102, 103, 104 for storing 
audio input samples received for example, N audio input channels. Each of the frame buffers 
102, 103, 104 is sized to received one frame of input audio samples at a time from a 
corresponding one of the N audio input channels. The run time memory 100 also includes a 
plurality of data structures 106, 107, 108 for storing coefficients representing M impulse 
responses. Impulse response data may be retrieved from a co-efficient mass storage 109 by a 
load and process routine 1 10 in response to a user command supplied to the load and process 
routine 1 10 via an IO control module 111. The run time memory 100 also includes a plurality of 
T output buffers 112, 113, 114, each of which is sized to receive one frame of output audio 
samples at a time for communication to a respective one of T output sample streams. The run 
time memory 100 also includes an instance data storage 1 16 for storing a plurality of J instances. 

As shown in FIG 4, data from the frame buffers 102, 103, 104 and the data structures 106, 107, 
108 is communicated to a channel sequencing module 118 which serves to time-multiplex the 
data for processing by a process channel - channel module 120. In particular, information passed 
from the channel sequencing module 1 18 to the process channel module 120 includes, for each 
of the N audio input channels, data representing a time wise first portion of each frame of data 
received via that audio input channel (PXLBf(i), i = 1, 2,...N), data representing a time-wise 
second portion of a frame of data received via that audio input channel (PXLAf(i), i = 1,2, . ..N), 
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Plc(i), PIOBuf(i), dwFRAMESize, PI, simulated stereo, M/S decode, and control. All of this 
data passes from the channel sequencing module 1 18 to the process channel routine 120. As also 
shown in JIG 4, by directional communication as provided between the process channel routine 
120 and the run time memory 100, indicated by arrows 122. 

FIG 5 depicts a block diagram illustrating in greater detail the operation of the process channel 
routine 68 (FIG 2) as described above. As shown in FIG 5, dynamic channeled data 150, which 
may be stored in the above-described run time memory 100 (FIG 4), may comprise a data 
structure including a field 152 which contains an index reference each index B into a second 
portion of the impulse response for the channel under consideration. The data structure 
described herein is used for data pertaining to audio input samples received on one audio input 
channel. Those skilled in the art will appreciate that other instances of this data structure also 
will be used in connection with processing data from other of the audio input channels in 
accordance with the principles of the present invention. The data structure 150 includes at least 
fields 152, 154, 156, 158, 160, 162, 164, 166, and 168. The field 152 contains (1) an index 
reference (h index B) into a time wise first portion of impulse response data for that audio input 
channel to indicate a current position within that data where a calculation is being performed; (2) 
an index reference (h index A) into a time wise second portion of the impulse response data for 
that channel to indicate a position within that second portion where calculation is being 
performed; and (3) additional control data. 

For purposes of illustration, a time-domain representation of an exemplary audio input signal is 
shown graphically in FIG 6. As shown in FIG 6, the illustrated audio input signal includes a 
time wise first portion designated B) and a continuous, time wise second portion designated A, 
and a "tail" portion that extends continuously beyond the time wise second portion A. In the 
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time domain, the audio input signal may be partitioned into groups of samples, wherein the size 
of the groups of samples is denoted XLENAII (the major frame size for FFT blocks) as indicted 
in FIG 6. The first portion of the audio input signal (herein after referred to as the "B portion") 
preferably includes an number of samples corresponding to the major frame size for FFT blocks 
XLENAII, and the time wise second portion (herein after referred to as the "A portion") 
preferably is made up of a number of such frames of samples the total number of samples 
making up the audio signal illustrated in FIG 6 is denoted by FTAPSII. A pointer hindex is used 
to designate a relative position within the aggregate collection of samples making up the 
illustrated impulse response or audio input signal. 

The field 154 (FIG 5) contains a pointer to a data structure populated with a frequency domain 
representation of an acoustic model being simulated (e.g., a particular acoustic space, a particular 
microphone, a particular musical instrument body residence characteristic, etc). This filter 
impulse response (FIR) that is stored in the data structure Hx is sized to accommodate twice the 
number of samples making up the acoustic model (i.e., IMPSIZE*2). 

The field 156 contains an intermediate part of the product of a vector multiplication of the 
frequency domain impulse response Hx and the impulse response. The field 158 receives a time- 
domain equivalent of the frequency domain impulse response portion stored in the field 156. 

The field 160 contains indices to past and present frames in the audio collection buffer for the B 
portion of the impulse response (acolindexprevB and acolindexB, respectively, and for the A 
portion of the impulse response, acolindexprevA and acolindexB, respectively. 

The field 162 contains a pointer to the audio collection buffer (and intermediate accumulative 
that facilitates the overlap-add) and which comprehends frame-based overlap and modulo 
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addressing. This buffer acol, is modulo addressed and is sized of length impulse size (the time 



domain length of the impulse response) into which successive frames are overlap added. 



A table identifying variable names is provided below. 



This data structure is fed into Process Channel by means of single pointer to an instance of this data 
structure. The Channel Sequencing chooses the particular pointers and controls that are fed into 
process channel. Each instance of this data structre represents one dynamic channel data impulse block 
in Runtime Memory 

Piecewise Convolution is done (in portions which are combined) by an "overlap-add* method (technically, 
over lap -subtract with a downstream phase reversal) 



typedef struct _tagDynamicChannelData 

{ 



Data Type 


Variable/Field 


Description 


Ipp32f 
32-bit flo 
point 


Hx[IMPSlZE*2] ; 


//filter invDulse resnon^p (PTR vilhpr-l iv-rct Ar\mn\r\ 

impulse cspwiioc if in c jl x l j t \ r i u uuxuaxll 

representation of the acoustic model being simulated (e.g., 
acoustic space, microphone, musical instrumpnt horiv 
resonance) ) 


Ipp32f 

mm mm 


acol [ACOLLENGTH] ; 


//audio collect (intermediate accumulator for overlan-addi- 
comprehends frame -based overlap and modulo addressing 

modulo addressed buffer sized of length impulses ize (the 
time -domain length of the impulse response) into which 
successive frames are overlap added 


Ipp32f 


acolH [(ACOLLENGTH/ 2) + LP FT APS ] ; 


//turbo collect. Half size for reduced sample -rate to save 
CPU overhead 


Ipp32f 


acolDH( (ACOLLENGTH/ 2) + LPFTAPS] ; 


//turbo tail ext Delay collect. Half size for reduced 
sample-rate to save CPU overhead 


Ipp32f 


a c o 1 D ( ACOLLENGTH ] ; 


//tail extension delay 


Ipp32f 


tar Mic Level; 


//target mic level scale (new setpoint) 


Ipp32f 


delMicLevel; 


//delta mic level scale (recursively calculated transition 
level gradulated from one sample to the next to smooth the 
transition) 


Ipp32f 


runMicLevel; 


//runtime mic level scale (oriqinal being applied) 


Ipp32f 


runMicPer spec ; 


//runtime mic perspective scale (affects the envelope of 
the impulse response— used for runtime scaling) applies a 
volume scaling to early part of response that increases or 
decreases volume to create perception of a close or distant 
perspective on the audio— correlated to some scape value 
that makes sense for the user interface of the apparent 
distance of the sound source from the mic. 


Ipp32f 


tarDirectLevel ; 


//target Direct Sim stereo level scale 


Ipp32f 


delDirectLevel ; 


//delta Direct Sim stereo level scale 


Ipp32f 


r unD i r ec t Le ve 1 j 


//runtime Direct Sim stereo level scale 


Ipp32f 


alignDirect; 


//alignment dummy 


DWORD 
unsigned i 


hindexA; 


//sub frame frq Hthindex] - index reference into impulse 
response (the current potion on which a calculation is 
being performed (A portion, which may be at a lower sample 
rate) 


DWORD 


acolindexA; 


//audio collect buffer index - current index into collect 
buffers used for overlap -add 


DWORD 


acolindexprevA; 


//previous frame collection buffer index - previous index 
value in the collection or accumulation 


DWORD 


out index; 


//collect buffer output index - index to where data can be 
read from audio collect buffer (second from top above) and 
sent to output buffer 


DWORD 


hindexB; 


//sub frame frq Hlhindex] 


DWORD 


acolindexB; 


//audio collect buffer index 


DWORD 


acol indexprevB ; 


//previous frame collection buffer index 


DWORD 


dummyxxxx; 


//alignment dummy (placeholder) 


DWORD 


dlyWindex; 


//tail extension delay Write index (delay needed to align 
modeled portion of the impulse response with the actual 
result of the impulse response) 


DWORD 


dl yR index ; 


//tail extension delay Read index (delay needed to align 
modeled portion of the impulse response with the actual 
result of the impulse response) 


DWORD 


telA; 


//tail extension state variable (for Tail Extension Filter) 


DWORD 


te2A; 


//tail extension state variable 
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DWORD 


FcFbk; 


//tail extension state variable 


DWORD 


FcFbk2 ; 


//tail extension state variable 


DWORD 


FcFbk3 ; 


//tail extension state variable 


DWORD 


FcFbk4; 


//tail extension state variable 


DWORD 


FcFbkS; 


//tail extension state variable 


DWORD 


FcFbk6; 


//tail extension state variable 


DWORD 


aligntel; 


//16 byte alignment dummy 


DWORD 


alignte2; 


//16 byte alignment dummy 


Ipp32f 


API (ALL PASS SAMPLES); 


//tail extension, all-pass buffer 


Ipp32f 


AP2 [ALL PASS SAMPLES); 


//tail extension, all -pass buffer 


Ipp32f 


SSt[SIM_STEREO_SAMPLES] ; 


//sim stereo delay buffer (for slow processors; simulates 
stereo audio by using stereo audio filters and 
complementary comb filters. OPTIONAL 


Ipp32f 


SStDD [SIM STEREO_SAMPLES ) ; 


//sim stereo, direct delay buffer 


DWORD 


API r; 


//AP buffer read index 


DWORD 


AP2_r; 


//AP buffer read index 


DWORD 


SSt r; 


//Sim Stereo buffer read index 


DWORD 


API w; 


//AP buffer write index offset 


DWORD 


AP2 W; 


//AP buffer write index offset 


DWORD 


tarSSt_w; 


//target Sim Stereo buffer write index offset 


Ipp32f 


tarSStWidth; 


//target Sim stereo depth 


Ipp32f 


delSStWidth; 


//delta Sim stereo depth I 


Ipp32f 


runSStWidth; 


//runtime Sim stereo depth 1 


DWORD 


delSSt w; 


//delta Sim Stereo buffer write index offset 


DWORD 


runSSt w; 


//runtime Sim Stereo buffer write index offset 


DWORD 


SStDD_w; 


//sim stereo, direct delay write offset 



} DYNAMI CCHANNEL DAT A , * P DYNAMI CCHAKNELDATA ; 



#endif 



FIGS. 7-12 contain additional details of the invention. A complete copy of the source code is 
included in a CD appendix. 

The foregoing description is for the purpose of teaching those skilled in the art the best mode of 
carrying out the invention and is to be construed as illustrative only. Numerous modifications 
and alternative embodiments of the invention will be apparent to those skilled in the art in view 
of this description, and the details of the disclosed structure may be varied substantially without 
departing from the spirit of the invention. Accordingly, the exclusive use of all modifications 
within the scope of the appended claims is reserved. 
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